Abstract-The proper operation of grid-connected power electronics converters needs using a synchronization technique to estimate the phase of the grid voltage. The performance of this synchronization technique is related to the quality of the consumed or delivered electric power. The synchronous-reference-frame phase-locked loop (SRF-PLL) has been widely used due to its ease of operation and robust behavior. However, the estimated phase can have a considerable amount of unwanted ripple if the grid voltage disturbances are not properly rejected. The aim of this paper is to propose an adaptive SRF-PLL which strongly rejects these disturbances even if the fundamental frequency of the grid voltage varies. This is accomplished by using several adaptive infinite-impulse-response notch filters, implemented by means of an inherently stable Schur-lattice structure. This structure is perfectly suited to be programmed in fixed-point DSPs (i.e., it has high mapping precision, low roundoff accumulation, and suppression of quantization limit cycle oscillations). The proposed adaptive SRF-PLL has been tested by means of the TI TMS320F2812 DSP. The obtained experimental results show that the proposed synchronization method highly rejects the undesired harmonics even if the fundamental harmonic frequency of a highly polluted grid voltage abruptly varies.
An Adaptive Synchronous-Reference-Frame
Phase-Locked Loop for Power Quality Improvement in a Polluted Utility Grid
I. INTRODUCTION
T HE advent of renewable energy sources in conjunction with the distributed generation in a microgrid environment is rapidly changing the electric generation paradigm [1] , [2] . Traditional centralized power plants will be working together with distributed generators and even with alternative energy storage systems as the electric vehicle [3] , [4] . Most of the technological challenges involving this new scenario are being solved through technical solutions based on the power electronics control field.
One important issue to be solved when managing the power delivered by distributed generators is the correct synchronization with the electric grid [5] - [7] . Information about the instantaneous phase of the grid voltage is needed to obtain the reference of the current delivered by the power electronics converter [8] - [11] . This implies that the quality of the injected power is highly related with the accuracy of this information. Despite the fact that several techniques could be used to carry out the synchronization with the grid, the state of the art suggests the use of the synchronous-reference-frame (SRF) phaselocked loop (PLL) (SRF-PLL) to estimate the instantaneous grid voltage phase [12] - [15] . The SRF-PLL needs the threephase grid voltage to be projected from the natural reference frame (NRF) into the SRF. A simple closed-loop control scheme by means of a proportional-integral (PI) regulator can be used to estimate the electric grid voltage phase [16] . Several studies have been made that allow one to affirm that the SRF-PLL gives an accurate phase grid estimation if the electric grid is not polluted (i.e., the grid voltage is balanced, and it does not contain harmonics different from the fundamental). However, this PLL inserts a certain amount of distortion when the point of common coupling (PCC) of the power electronics converter is polluted [16] - [18] . Taking into account that the estimated phase is used for synthesizing the reference of the injected current, the estimated phase imperfections deteriorate the quality of the power delivered to the utility grid. In many cases, this could not be acceptable, since the current standards and recommendations regarding distributed resources limit the maximum current distortion [19] , [20] .
In order to avoid the grid disturbances to affect the phase estimation, a careful choice of the tuning parameters of the PI regulator has to be done, so that a good disturbance rejection is obtained [21] . However, this approach makes the SRF-PLL extremely slow if a good rejection of the imbalance disturbance is required. In [22] , a feedforward action is used to improve the phase estimation speed, which is intended to compensate for the poor transient behavior introduced by the low-pass filter used to attenuate the utility-grid disturbances. Moreover, in [23] and [24] , several methods that allow one to reject undesired ripple in the estimated phase are presented. Nevertheless, the behavior of the proposed method is not studied when a variation in the grid frequency takes place (e.g., in a microgrid working in the islanding mode [25] , [26] ).
In order to take into account the grid frequency variation, [27] and [28] propose a simple structure of adaptive resonant filters. This technique allows rejecting the variable frequency harmonics that could appear in the estimated phase. Although it allows obtaining a first approach to the solution of the grid frequency variation problem, it should be noted that the stability 0278-0046/$26.00 © 2011 IEEE of the adaptive method is not well studied. The stability study is mandatory since the proposed filters are implemented by means of a direct-form infinite impulse response (IIR) structure, which, in turn, could be unstable if not correctly adjusted. Moreover, the proposed filters need a reference to track the grid frequency variation. As this reference is obtained by means of the initially polluted estimated frequency, the obtained IIR filter will start swinging until it becomes unstable. In [29] , a lead compensator is introduced, which claims to obtain fast tracking of the grid voltage phase. In order to adapt the center frequency of the lead compensator, the frequency estimated by the SRF-PLL is used. However, a low-pass filter with low cutoff frequency is introduced to avoid oscillations and instability in steady state. Therefore, the bandwidth of the SRF-PLL is highly limited by this low-pass filter instead of by the loop gain of the control loop. Furthermore, the stability of the lead compensator when the coefficients are real-time varied is not studied, so that the stability of the whole system could not be assured under all circumstances.
There are other methods which assure stability in the adaptive process. In [30] , a method based on a multiple SRF to detect the positive and the negative sequence grid voltage components is proposed. In [31] , a method to detect the fundamental frequency of the utility grid regardless of the presence of imbalance or harmonic distortion is shown. However, the complexity of the estimation process increases notably with respect to the SRF-PLL algorithm.
The aim of this paper is to propose a phase estimator based on the well-known SRF-PLL, which has a high rejection of the disturbances introduced by the voltage imbalance and by the voltage harmonic distortion, regardless of the grid frequency variation. The system is based on the adaptive filtering of the harmonics that appear on the grid voltage projection into the SRF, when the utility grid is unbalanced and distorted. On one hand, the adaptive nature of the filtering process makes the rejection insensitive to the grid frequency variation. On the other hand, the Schur-lattice IIR structure used to implement the filter stage makes the stability of the phase estimator independent of the adaptive process. In fact, the filter is inherently stable and does need neither any reference to be properly tuned nor added filtering stage to avoid swinging. Moreover, the used IIR structure makes this technique a suitable choice for fixedpoint DSPs, or even for cheap fixed-point dsPICs, due to its low roundoff noise and its ease to remove quantization limit cycles. These properties allow obtaining two major benefits [32] ; the mapping of the control loop transfer functions, i.e., poles and zeros, is more precise, and the quantization limit cycles can be easily removed, thus avoiding swinging in the adaptive process. Furthermore, existing SRF-PLL source codes in already working power converters could be easily updated in order to obtain the adaptive rejection feature.
This paper is organized as follows. In Section II, a model of the conventional SRF-PLL is shown along with the conventional PI control scheme. Furthermore, the behavior of the SRF-PLL is studied when the voltage grid is polluted. In Section III, a first approach to cancel out the harmonics in the estimated phase when the voltage grid is polluted is shown. This technique is based on IIR notch filters tuned at fixed frequencies. Section IV presents an adaptive IIR notch filter algorithm that is able to adaptively tune its center frequency, without the need of a given reference. The inherently stable operation of this filter is also probed in this section. This algorithm allows the SRF-PLL to successfully reject the undesired harmonics even if the voltage grid frequency varies. In Section V, experimental results are shown. Finally, an Appendix is added with the pseudocode to be added to the conventional SRF-PLL, so that it becomes adaptive.
II. SRF-PLL

A. Modeling and Control of the SRF-PLL
The conventional SRF-PLL is based on the projection of the utility-grid voltage shown by (1) from the NRF into the SRF. Fig. 1(a) shows the basic block diagram of the SRF-PLL. The PI regulator described by (2) and an integrator along with the nonlinear rotation matrix shown by (3) are used in the closedloop control scheme
In order to adjust the PI regulator, a small-signal linear model of the SRF-PLL can be derived [16] , thus obtaining the block diagram shown in Fig. 1(b) . In this figure, p is the grid disturbance signal, ν q is the grid voltage q axis projection into the SRF, ν * q is the reference of this projection, θ i andθ i are the grid phase and the estimated grid phase, respectively, and δ is the error between the actual and the estimated grid phase. This model allows one to derive the open-loop gain expressed by (4) and the transfer function between the estimated phaseθ i and the grid disturbances p depicted in (5) . These transfer functions are used to study the stability and the effect of the grid disturbances on the estimated phase, respectively. It should be considered that the rotation matrix gain E g is characterized by (6) , where V 1 is the amplitude of the grid voltage fundamental harmonic in the NRF
B. SRF-PLL Applied to a Polluted Grid
The electric grid is usually represented by the ideal expression shown by (1) . However, the voltage at the PCC often contains harmonics other than the fundamental, as well as a certain amount of imbalance. To take these nonidealities into account, (7) could be used instead.
It is worth pointing out that the most usual nonlinear loads connected to the PCC are three-phase full-bridge controlled and noncontrolled line frequency rectifiers. Therefore, the even and the triplen harmonics are considered to be zero [33] , [34] . By applying the transformation matrix (3) to (7) and taking into account that (8) holds in the steady state, (9) can be derived, where E pu , φ pu , and δ are defined in (10)- (12) , respectively [16] , [18] , [30] .
By carefully examining (9) , it can be concluded that the absence of imbalance (β = γ = 0) and harmonic distortion in the grid voltage results in the expression for the q term, ν q = E g δ. This expression can be derived from Fig. 1(b) by considering the disturbance to be zero (p = 0). Therefore, it can be concluded that the disturbance introduced in the SRF by the imbalance and the distortion of the grid voltage can be expressed by (13) and (14) , respectively 
An important issue that should be taken into account is that the disturbance in the q term of the SRF projection pollutes the phase estimated by the SRF-PLL. Indeed, by taking into account (12) and that ν q = ν * q = 0 in the steady state, the following equation is obtained by equating (9) to zero and solving forθ i : From (15) , it is concluded that the estimated phase has a certain amount of undesired ripple if the utility grid is not ideal, and the SRF-PLL is not correctly designed (i.e., if the undesired harmonics are not filtered out).
In Fig. 2 , the Bode plot of the disturbance attenuation transfer function shown in (5) is depicted, when the SRF-PLL is designed according to the parameters shown in Table I . K p and K i are the proportional and the integral gains of the PI regulator, f s is the sampling frequency of the discretized SRF-PLL, β V is the sensing gain previous to the analog-to-digital converter stage, P M is the phase margin, and GM is the gain margin. The Bode plot reveals that the harmonics due to the PCC voltage disturbances (i.e., imbalance and harmonic distortion) are poorly rejected. In fact, the harmonic due to the PCC voltage imbalance at 2f i = 100 Hz is amplified, where f i is the grid voltage fundamental frequency.
The poor rejection behavior of the proposed SRF-PLL is clearly noticeable from the simulation shown in Fig. 3(b) , where the voltage at the PCC has been programmed according to Table II . As expected, the estimated phaseθ i and the q term of the SRF projection ν q contain the harmonics shown by (15) and (9), respectively. However, the estimated phase is synchronized with ν a (t), and the q term of the SRF projection is zero when an ideal utility grid [i.e., the utility grid shown by (1) ] is used to feed the input of the phase estimator, as it can be seen in Fig. 3(a) .
Although the bandwidth of the system could be reduced to obtain a better harmonic rejection, the settling time of the SRF-PLL would be too slow if good attenuation has to be obtained (e.g., BW = 35 Hz allows an attenuation of only −4.42 dB). 
III. SELECTIVE-FILTERING TECHNIQUE
In order to selectively remove the harmonics due to the disturbances, a set of n second-order notch filters can be used in cascade, as shown in Fig. 4 , each of those filters removing one of the undesired harmonics which appear in ν q , thus allowing to obtainθ i = θ i from (15) .
A widely used digital filter structure is the IIR second-order filter shown by (16) , where the tuning parameters a n and ρ n are used to set the normalized center frequency ω n and the normalized bandwidth of the notch filter BW n , respectively, by using (17) and (18) [35]- [37] . The z-plane root locus and the Bode plot of the filter for a fixed-notching frequency of ω n = 2π100 rad/s and a sampling frequency of f s = 16 000 Hz are shown in Fig. 5 (a) and (b), respectively.
The use of the proposed filters modifies both the open-loop gain T PLL and the disturbance attenuation of the ν q signal G θ_p , so that (4) turns into (19) and (5) turns into (20) .
are the transfer function product of the n notch filters used to filter out the disturbances. Note that (19) and (20) are discrete versions of (4) and (5) adding the discrete notch filters, where Int(z) is a discrete integrator 
The most important disturbances are those related with the PCC voltage imbalance and the fifth, seventh, eleventh, and thirteenth PCC NRF voltage harmonics [33] , [34] . Therefore, it is possible to use only three notch filters in the SRF, so that the disturbances described in (13) and (14) are removed.
It is worth pointing out that the use of the notch filters in the closed-loop control of the SRF-PLL introduces new constraints when designing the PI regulator. The phase margin depends on the bandwidth of the notch filter because, the higher the low-frequency phase delay of a notch filter, the greater its bandwidth, as it is shown in Fig. 5(b) . Taking this into account, a new SRF-PLL which includes the notch filters can be designed according to the parameters shown in Table III .
The Bode plot of the disturbance rejection transfer function with notches G θ_p (z) is shown in Fig. 6 . The notch filters allow the SRF-PLL to correctly reject the second, sixth, and twelfth harmonics, since they provide an attenuation of nearly −50 dB. However, if there is a variation of the PCC voltage frequency, the attenuation will greatly decrease (e.g., a −6% PCC voltage frequency variation will cause the harmonics to be attenuated only by −3.85 dB). As it would be desirable to have constant attenuation regardless of a possible PCC voltage frequency variation, a technique for adaptive filtering of the disturbances is presented hereinafter.
IV. ADAPTIVE FILTERING
The selective filtering of the harmonics due to the disturbance at the PCC voltage allows the SRF-PLL to obtain a correct estimation of the phase. However, when the frequency of the PCC voltage varies, the highly selective notch filters do not correctly work because the notch frequencies ω n are fixed.
In order to adapt the notch frequency of the filters according to the PCC voltage fundamental frequency, a finite impulse response (FIR) or IIR adaptive notch filter can be used instead [37] , [38] .
The adaptive filters are based on the use of a recursive algorithm to find the Wiener solution of an error surface that could be time variant (e.g., a surface dependent on the varying frequency of the PCC voltage). Although there are several methods that could be used to implement the recursive algorithm, the most widely used is the least mean squares (LMS) algorithm [39] - [43] . This method is intended to find the parameters of the functionĤ(z) defined in (21) that minimizes the quadratic error of the function defined in (22) , where H(z) is the transfer function of a given plant and ζ(z) is a disturbance signal that is statistically independent of the input signal u(z)
Although this method provides a good performance when applied to a FIR filter, an unstable filter could be obtained if it is used along with a direct-form-type IIR filter, since the poles of the discrete transfer function are not constrained to lay inside the unity circle [35] , [36] . Although a FIR filter could be used to obtain an adaptive notch filter, the computational burden and the need of a given reference signal for the filter to work properly make this topology less attractive than the equivalent adaptive notch IIR filter. As it will be shown later, the IIR filter does not need a reference signal to cancel out the undesired harmonics. Furthermore, a second-order IIR filter suffices to achieve this goal, while a higher order FIR filter is necessary to obtain the same filtering behavior, thus incrementing the computational burden [44] . In order to find a stable adaptive notch IIR filter, the lattice structure and the gradient adaptive lattice (GAL) algorithm are presented next.
A. Schur-Lattice IIR Structure
The Schur-lattice IIR structure is based on the Schur recursion shown in Fig. 7(a) , which carries out the rotation over the transfer functions involving the filtering process expressed in (23) , where (24) applies Fig. 7(b) shows an M th-order IIR filter implemented by means of the Schur recursion, whose transfer function can be expressed by (25) . This structure is also known as the tappedstate lattice form, and it has many desirable properties for fixed coefficient digital filtering [32] .
1) The structure is inherently limited to realize stable and causal filters. This means that the adaptation process cannot result in an unstable filter. 2) All the internal nodes are inherently scaled in the l 2 sense (also known as the Euclidean norm). This property assures that the same Q-format could be used to program the filter, so that precision is not lost in the filtering process.
3) Roundoff noise accumulation in the state vector loop is inherently low irrespective of the poles of the filter. In this regard, the mapping of the poles and zeros is more precise no matter what the position of the poles and zeros. This property is very interesting in low-frequency-signal high-frequency sampling. 4) Quantization limit cycles due to quantization can be easily suppressed. It should be noted that these properties allow obtaining a more effective filtering with less ripple due to the adaptive process than in previously proposed adaptive methods.
B. Stability of the Schur-Lattice IIR Structure
It is well known that the proposed Schur-lattice IIR structure is inherently stable [32] , [45] , [46] . Indeed, this property could be probed by using the Schur-Cohn stability test [47] , which states that a function f 0 (z) is bounded real (if and only if) iff the following conditions are met: 1) |f 0 (0)| < 1, and 2) the function f 1 (z) defined by (26) is bounded real. The function f 1 (z) could be tested in the same way, thus obtaining the sequence of functions f 0 (z), f 1 (z), . . . , f M (z) = 1. By calculating the sequence of numbers f 0 (0), f 1 (0), . . . , f M −1 (0) (i.e., the Schur parameters), the Schur-Cohn stability test establishes that f 0 (z) is bounded real iff all the Schur parameters are smaller than one
This test could be applied to the transfer functions
to prove the stability of the proposed filter. As f 0 (z) is an all-pass function, whose denominator and numerator are expressed by
, respectively, it can be affirmed thatĤ(z) is stable iffF M (z) is stable [47] .
On one hand, by using (26) in (23), an expression for D k−1 (z), as well as for D k−1 (z), can be obtained. On the other hand, by studying both transfer functions for k = M , (27) yields, which shows that sin(θ M ) = f 0 (0) is the first Schur parameter. Furthermore, a straightforward recursive operation over (27) gives (28) , so that according to the Schur-Cohn stability test, the IIR transfer function shown in (25) ,Ĥ(z), will be stable iff (29) holds
It is important to point out that (29) is always true except for the angles θ M −k = ±π/2. However, if this condition arises, then the all-pass function becomes f k (z) ≡ 1, as the zeros and the poles are located at the unit circle and, consequently, they cancel out. Moreover, the Schur recursion makes these reciprocal roots to cancel out at the output of the filter because of the same reason [32] .
It should be noted that the obtained conclusion about stability is of great interest when put together with the LMS algorithm. Since the recursive algorithm is designed to find the Wiener solution by adapting the filter coefficients of the filter, the use of the Schur-lattice IIR structure proposed in Fig. 7(b) gives an inherently stable IIR filter regardless of the filter-coefficient adaptation process.
C. GAL Algorithm
The aforementioned LMS method can be applied to the Schur-lattice IIR structure, so that the coefficients of the filter are recursively adapted in order to minimize the quadratic error function shown in (22) . The recursive algorithm shown in (30) is obtained, where e(n) = y(n) −ŷ(n) is the error signal, μ is the learning rate of the adaptive filter, and the filtered regressors could be obtained by applying (31 
D. Adaptive Schur-Lattice IIR Notch Filter
A Schur-lattice IIR notch filter is shown in Fig. 8 , which is based on the Schur-lattice IIR filter realization shown in Fig. 7 . This filter realization performs the transfer function shown in (32) , where AP (z) is the all-pass transfer function defined in (33) . The filter allows the designer to adjust the notch frequency as well as the bandwidth by means of (34) and (35), respectively. The angles of the rotation matrix will be used to properly tune the notch filter
As shown in Fig. 6 , the main problem of the fixed-notch filters is their inability to adjust the center frequency if the utility-grid frequency varies. The adaptive Schur-lattice IIR notch filter can be used to overcome this drawback by using the GAL algorithm to automatically adapt the θ 1 parameter.
In order to find a solution to the GAL algorithm for the Schur-lattice IIR notch filter, the input signal of the filter u(n) is defined according to the following equation, where {ζ(·)} is an error signal that is statistically independent of u(n), p 1 is the amplitude of a sinusoidal signal of frequency ω 1 , and T m is the sampling period of the discrete system:
By defining the frequency response of the ideal notch filter, as shown in (37) , and taking into account that the output of the filter could be written as y(z) =Ĝ n (z)[u(z) + ζ(z)], the variance of the filter output is obtained by means of (38) , where σ 2 ζ is the variance of the input noise and
By substituting (37) in (38) and assuming that the center frequency of the Schur-lattice IIR notch filter can vary according to the GAL algorithm that will be proposed shortly, the following equation yields, from which it is possible to affirm that the function E[y 2 (n)] has a minimum when the condition ω 0 = ω 1 is satisfied:
It can be proved that Ĝ n (z) 2 2 = 0.5(1 + sin(θ 2 )), so that it does not vary with the parameter θ 1 . Therefore, considering (39) , the cost function chosen to be minimized by the GAL algorithm is shown by
Moreover, by carefully examining (38) , it could be affirmed that minimizing E[y 2 (n)] with respect to θ 1 is equivalent to finding the solution for |Ĝ n (e jω 1 )| = 0. Taking into account the ideal frequency response of the notch filter, this is equivalent to making ω 0 = ω 1 , thus yielding θ 1 = ω 1 + (π/2). This solution implies that the GAL Schur-lattice IIR filter does not need a reference to adaptively tune its center frequency. Hence, it is not necessary to feed back the estimated frequency.
In order to apply the GAL algorithm to the Schur-lattice IIR notch filter shown in Fig. 8 , the filtered regressor ∇θ 1 (z) has to be computed. By using (32), the following equation holds, where T = 0.5(cos(θ 1 ) cos 2 (θ 2 )), c 1 = sin(θ 1 )(1 + sin(θ 2 )), and c 2 = 1 + sin(θ 2 ):
The schematic of the adaptive Schur-lattice IIR notch filter is shown in Fig. 9 , which could be implemented by means of the simplified GAL algorithm shown in Table IV [32] . A pseudocode can be found in the Appendix, which clearly states the correct programming sequence.
E. ALSRF-PLL
The adaptive lattice SRF-PLL (ALSRF-PLL) is just a modified phase estimator derived from that shown in Fig. 4 , where the fixed-notch filters G 1 (z), . . . , G n (z) have been replaced by the GAL Schur-lattice IIR notch filter shown in Fig. 9 , calledĜ 2 (z),Ĝ 6 (z),Ĝ 12 (z). Fig. 10(a) shows the simplified block diagram of the ALSRF-PLL, which includes the adaptive filtering stage. The small-signal model is shown in Fig. 10(b) . Each of the used adaptive filters adapts its notch frequency to each of the disturbances considered. As previously stated, this adaptation does not need any reference signal, as the GAL algorithm automatically finds out each of the undesired harmonics. It is worth pointing out that, since the filters are cascade connected, once a harmonic has been removed by the previous stage, the next stage will not find it again. In this regard, the transitory ripple in the estimated frequency does not affect the adaptation process, since it is no needed at all.
In order to initialize the ALSRF-PLL, the values of the parameters shown in Table V are used. θ 1 _h(initial) is the initial value of the parameter θ 1 of the filter designed to reject the hth harmonic (i.e., second, sixth, or twelfth). μ_h is the learning rate of the adaptive notch filter with initial notch frequency that is equal to the hth harmonic. Finally, θ 2 is related with the bandwidth of the filter according to (35) . It is worth pointing out that a low-Q filter is usually designed when using fixed frequency notches because this assures a better filtering performance even if the frequency varies. As the adaptive filter automatically adapts its center frequency, a low Q is not required. In this regard, a tradeoff between speed convergence during transitory times and phase margin of the ALSRF-PLL has to be found. Usually, θ 2 is chosen so that enough phase margin is obtained at the crossover frequency, when the frequency of the voltage grid is in the minimum considered, while maintaining the equivalent SRF-PLL speed of convergence when a variation of the frequency appears.
V. EXPERIMENTAL RESULTS
The ALSRF-PLL has been implemented into the fixed-point DSP TI TMS320F2812. The three-phase utility-grid voltage has been emulated by means of the 12-kVA ac power source Pacific Power 360-AMX. The ac power source has been programmed so that an unbalanced and distorted grid suddenly appears. At a given moment, the frequency of the unbalanced and distorted voltage grid described in (7) and Table II abruptly varies. Therefore, an inherited phase-angle jump is also taken into account. The open-loop gain of the ALSRF-PLLT PLL (z) = −E g H PI (z)Ĝ 2 (z)Ĝ 6Ĝ12 (z)Int(z) has been measured by means of the frequency response analyzer (FRA) NF FRA5097 [48] . The real-time data have been read from the DSP by using the Real-Time Data eXchange (RTDX) core [49] ; MATLAB has been used to process and plot the collected data. The obtained Bode plots are shown in Fig. 11 , for the nominal, the minimum, and the maximum frequencies under study, i.e., 50, 45, and 55 Hz, respectively. The chosen frequencies are according to the nominal, minimum, and maximum frequencies included in norms as the UNE-EN 50160 [50] . On one hand, the correct behavior of the adaptive filters is clearly appreciable in Fig. 11 , as the notch frequency of each of the filters varies according to the frequency variation of the grid voltage. On the other hand, it should be noted that the minimum phase margin is P M = 73.5
• at f c = 44 Hz, when the frequency of the grid voltage at the PCC is f i = 45 Hz, whereas the maximum phase margin is P M = 77.2
• at f c = 44 Hz, when f i = 55 Hz. The nominal phase margin is P M = 75.3
• at f c = 44 Hz, when f i = 50 Hz. Those phase margins are high enough to assure that the ALSRF-PLL is stable when the grid voltage frequency at the PCC varies from f i = 45 Hz to f i = 55 Hz.
In Fig. 12 , the unbalanced and distorted three-phase utilitygrid voltages used to test the conventional SRF-PLL, the fixednotch-filtered SRF-PLL, and the ALSRF-PLL are shown. First of all, the conventional SRF-PLL has been programmed into the DSP, so that the estimated phase can be obtained when the utility-grid voltage is heavily distorted and unbalanced. Fig. 13(a) shows the sensed ν ab (t) voltage (i.e., the phaseto-phase voltage), where the harmonic distortion is clearly appreciable. In Fig. 13(b) , the estimated phaseθ i is shown, where it is possible to notice that a ripple exists due to the second, the sixth, and the twelfth harmonics. Furthermore, in the ν q (t) signal shown in Fig. 13(c) , the ripple is much more appreciable. A sinusoidal signal sin(θ i ) has been generated by means of the estimated phase shown in Fig. 13(b) , and the fast Fourier transform (FFT) of this signal has been computed, thus obtaining the result shown in Fig. 14. This result clearly shows the first (i.e., 50 Hz), third (i.e., 150 Hz), fifth (i.e., 250 Hz), seventh (i.e., 350 Hz), eleventh (i.e., 550 Hz), and thirteenth (i.e., 650 Hz) harmonics. It should be noted that the third harmonic in the NRF is due to the effect of the voltage unbalance in the StRF (i.e. the second harmonic in the StRF behaves like the third harmonic in the NRF). In order to remove these unwanted harmonics, which degrade the current total harmonic distortion of the converter current (T HDi) [9] , the fixed-notch filters previously described have been included. The filtered SRF-PLL behavior has been tested both at the nominal grid frequency and at a grid frequency different from the nominal one. In order to set up the experiment, the ac power source has been programmed so that the initial condition of the emulated grid voltage has neither imbalance nor harmonic distortion. At a given instant of time, the grid voltage is varied so that it contains the aforementioned voltage unbalance and harmonic distortion while maintaining the same frequency (i.e., the nominal frequency of 50 Hz). Finally, the frequency of the distorted and unbalanced three-phase grid voltage is varied from the nominal one (i.e., 50 Hz) to the maximum frequency considered (i.e., 55 Hz.), and then, the three-phase grid voltage is returned to the initial condition (i.e., neither unbalanced nor distorted with a frequency of 50 Hz). Neither imbalance nor distortion exists, and the frequency is 50 Hz; 2) (from t ≈ 0.5 s until t ≈ 1.5 s) the imbalance and the distortion are abruptly introduced, maintaining the nominal frequency; and 3) (from t ≈ 1.5 until t ≈ 2.5 s) the frequency of the distorted and unbalanced set of voltages is varied from 50 to 55 Hz. It is worth mentioning that t = 0 s has been chosen to be the moment that the RTDX algorithm starts sending data to the PC, and not the moment that the notch-filtered SRF-PLL starts working. In fact, the notch-filtered SRF-PLL is in its steady state when the change of the voltage frequency takes place, so that the start-up sequence of the synchronization algorithm is not shown. Anyway, as the initial conditions of the SRF-PLL are chosen to beω i = 2πf i rad/s, wheref i is the expected grid frequency, the start-up transient is not important compared to the transient due to the variation of the voltage grid frequency.
As the notch filters are designed by considering a fixed nominal frequency of 50 Hz, they perform as expected from t ≈ 0 s until t ≈ 0.5 s, since the ripple in ν qf (t) is strongly filtered out. However, when the nominal frequency varies from 50 to 55 Hz, the filters are not able to reject the disturbances, so that the ν qf (t) signal does contain almost all the ripples found in the ν q (t) signal. This is conveniently shown in Fig. 16(a) and (b) , where the FFT of the normalized ν q (t) and ν qf (t) signals (i.e., with respect to the third harmonic amplitude) has been computed when the grid frequency is tuned at (a) 50 and (b) 55 Hz.
By examining both plots, it is possible to affirm that the second, sixth, and twelfth harmonics are strongly attenuated when the frequency is fixed and equal to the nominal one (i.e., 50 Hz). However, those harmonics are still at the output of the fixed notches when the frequency of the fundamental harmonic varies. This has been numerically evaluated by means of the attenuation value shown in Table VI . As previously stated, the ripple on the ν qf (t) signal (and, thus, the ripple on the estimated phase) can be found at the sinusoidal reference I * = I M sin(θ i ) used to control the current loop of the power converter. Fig. 17 shows the FFT of the sin(θ i ) in a nonadaptive selectively filtered SRF-PLL, showing that the performance of the power converter is sensitive to the variation on the grid frequency. The same experiment has been carried out by using the proposed ALSRF-PLL. Fig. 18 shows the ν q (t) and the ν q−af (t) signals when a variation of the aforementioned grid voltage has been programmed in the ac power source. It is worth pointing out that t = 0 s is chosen to be the moment that the RTDX algorithm starts working. Furthermore, the initial coefficients of the adaptive filters have been chosen so that the filters are tuned at the expected harmonic frequency (i.e., second, sixth, and twelfth harmonics).
The good performance of the adaptive notch filter implemented by means of the Schur-lattice structure is clearly noticeable, for a ripple-free filtered signal ν q−af (t) is obtained regardless of the frequency of the utility grid. The FFT has been applied to both signals, namely, ν q (t) and ν q−af (t), when the grid frequency is tuned at 50 and 55 Hz. The results are shown in Fig. 19(a) and (b) , respectively. It can be observed that the adaptive notch filter strongly rejects the disturbances in both cases, as shown in Table VII . A sinusoidal reference has been generated by means of the 50-Hz and the 55-Hz adaptively filtered estimated phase in the steady state. The FFTs of these signals are plotted in Fig. 20 , from which it is possible to affirm that the harmonics due to the imbalance and distortion are negligible.
It is important to point out that the convergence or learning rate parameter μ has been chosen in order to achieve a compromise between stability and convergence speed. On one hand, the value of μ has to allow obtaining a stable adaptive filter (i.e., a fast filter, with a great μ, could result in an unstable filter). On the other hand, this parameter has to be adjusted so that the time that the ALSRF-PLL needs to achieve convergence is similar to the time that the conventional SRF-PLL needs to correctly estimate the phase of the first harmonic (i.e., the greater the μ parameter, the faster the adaptive filter). By achieving these goals, the adaptive IIR filter is stable, and it does not make the response of the ALSRF-PLL significantly slower than the conventional SRF-PLL, as can be seen in Figs. 15 and 18 , where t s1 ≈ 0.5 s is the settling time of the SRF-PLL and t s2 ≈ 0.75 s is the settling time of the ALSRF-PLL, both measured at 5% of the final value. Although the extra time t s ≈ 0.25 s appears due to the adaptive algorithm, it should be noted that the undesired harmonics of the ν q component are highly attenuated during this transition time. Hence, they do not critically affect the estimated phase during transitions. It is worth pointing out that the μ parameter has to be chosen so that the stability of the filter is assured in the worst case grid voltage condition considered (i.e., maximum imbalance and T HDv).
The time consumption of each of the studied synchronization methods, along with the attenuation of the second harmonic in the ν q variable, is shown in Table VIII . It should be noted that this attenuation is not applicable to the conventional SRF-PLL, so it is not shown.
VI. CONCLUSION
An SRF-PLL with adaptive disturbance rejection properties has been presented. The ALSRF-PLL is able to strongly reject the disturbances due to the grid voltage imbalance and harmonic distortion regardless of variations of the grid voltage frequency. The presented synchronization method is based on the adaptive filtering of the grid voltage q term of the SRF projection. A set of IIR notch filters implemented by the Schurlattice structure and the GAL recursive method has been used. This structure is inherently stable regardless of the coefficient adaptation process and offers some of the desirable properties to be programmed into a fixed-point DSP. Furthermore, an existing conventional SRF-PLL could be easily updated to become adaptive. It offers a good chance to add new features to power converters that are already under operation, thus improving their original performance.
The experimental results have shown that the stability of the whole ALSRF-PLL system (i.e., SRF-PLL + Schur-lattice + GAL structure) is assured even in the worst case (i.e., when the voltage grid frequency is the minimum one under consideration). Furthermore, the ALSRF-PLL is able to provide large fixed disturbance attenuation regardless of abrupt variations of the grid voltage frequency and of the grid voltage imbalance. Therefore, the harmonics other than the fundamental of a sinusoidal reference obtained by means of the estimated phase can be considered negligible.
The computational burden of the ALSRF-PLL is quite larger than that of the SRF-PLL. Although the fixed-notch SRF-PLL could be a tradeoff solution, it is clearly shown that this synchronization method is not well suited for applications where a variation in the frequency of the voltage grid may occur. The Schur-lattice IIR filter could be also exploited for the implementation of tuned proportional+resonant controllers (PR) in the control loops of both single-and three-phase inverters [5] . For instance, the control of the current generated by a connected-grid inverter can be accomplished by means of PR controllers tuned at some harmonics of the grid voltage [15] . In this regard, the Schur-lattice IIR filter can be used to implement an adaptive PR controller, which should be able to follow a time-varying frequency reference signal.
APPENDIX
In order to clarify the algorithm shown in Table IV , a pseudocode of the filtering process is shown in Fig. 21 . The first lines define the constant parameters (i.e., μ_n and θ 2 _n, where n is the harmonic number to be filtered out). The global variables are defined next, where the initial values of the θ 1 _n variables are chosen so that the IIR adaptive filters are tuned at the expected harmonic frequencies, while the state variables x1k1_n could be initialized to zero. The main algorithm code consists of the code for the three filters, where the input of the first one is the ν q component, while its output feeds the second one (i.e., they are cascade connected). Eventually, the output of the third filter is the filtered ν q component (i.e., ν q_af ).
